This paper presents a finite impulse response (FIR) filter which can synthesize my fractional sample delay by nonlinear interpolation. This circuit can be used as a digital interpolator capable of compensating for the delay time between the echo canceller output*and the receiver input for the V.32 full-duplex modem or the U-transceiver in digital subscriber loop DSL). Analytic closed-forms for the verifications are presented. tap weights o I such an FIRfilter and numerical
I. INTRODUCTION
In the applications of si nal processing, linear phase shift or constant delay o f a signal waveform is often desired. To delay a signal by integer multiples of the sampling period can be easily realized by cascading unit-delay elements. However, for some applications, it may be desirable to delay a si nal by a fractional multiples of the sampling perio8: In this case, the signal must be interpolated to obtain new samples of its waveform at noninteger samplin instants. The process is considerabli more difficult [ 1f-121.
Application in which such noninteger delays in the signal waveform are required often occurs when some digital system must interface with another digital systems which are not clocked synchronously. In general, to transfer digital samples from one system to another system with different clock would require an interpolator to compensate for the delay between these clocks even if they are workin at the same rate. Several digital signa processing fDSP) techniques, such as multi-rate signal processing method 3 and minimum mean square error(MMSE) method 111, can be adopted to solve this problem.
In this paper, a new variable fractional sample delay filter is proposed. It can be implemented by an FIR filter whose coefficients are functions of the delay time with sin le-rate clocking. Analytic closed-forms for these coekcients will be derived and verified by computer simulations.
II. DESIGN METHOD
Consider a polynomial x(t) of degree N given by 2 N N k
The N + l coefficients ak, k=0,1,2 ,..., N, will be determined uniquely by imposing N + l conditions on this equation. In particular, the polynomial is required to pass through N+l different points (tn, xn), n=1,2 ,3... N+1. Thus, the following eqAations must be satisfied:
These unknowns % can be determined by Cramer's second-rder polynomial interpolator. It is assumed that the polynomial x(t)=% t + alt + a. passes through three equally spaced points n-1)T, x(n-1)), (nT, x(p) ) and ((n+lbT, x(n+l\\ . Thus, the polynomal must satisfy t e following linear equations, which can be expressed in matrix form as:
Note that T is a Vandermonde matrix (in the form with power in descendent order), and thus T is nonsingular, and the coefficients %, al, a. can be determined uniquely by Cramer's rule as
Therefore, the interpolated sample sample at time t = be described as nT -mT'(= nT -m E) T for x(t)=a2 t 2 +alt +ao can
where a= is the fractional sample delay factor and x(n-a) represents the delayed estimate of x(n) with delay time aT. After some manipulation, x(n-a) can be expressed with x(n-i) terms as
It is found that C1, CO and C-l are timeinvariant and depend only on delay parameter a. Thus, the delay filter output, i.e. the interpolated sample at noninteger multiples of sampling period can be expressed as the linear combination of those at integer multiples of sampling period T. Thus, the interpolator can be implemented as a linear timeinvariant FIR digital filter to synthesize the fractional sample delay a T with transfer function as By using Cramer's rule, eq.(14) can be solved uniquely to obtain the time-varying coefficients a . a3, a2, al and a. as shown in Table I .
So far, we have obtained the fourth order poiynomial passing through those equally spaced samples. The interpolated sample at t=nT-mT' with T'=T/L is denoted by
and ;(n-cr)=a4(n-a) 4 4 T +a3(n-cr)3T3+%(n-cr) 2 2 T +al(n-cr)T+ao (16) Combining Table I 
where w stands for the normalized frequency. The frequency responses with various delay aT as parameters are demonstrated in Fig.3 .It provides nearly-flat magnitude response and nearly+onstant delay over the passband.
C-Nth-order polynomial interpolation (N=2M)
So far, we have obtained the second and fourth order FIR delay filters with coefficients given in t, ',s.(ll) . and (17), respectively. There are some very iIeteresting regularities in eqs.(ll) and (17). First, for (19) some coefficient C. , all the factors in the form of (a-i), except (a-j), will appear at the'right-hand side of the equations, where index i ranges from -M to M. Second, when a is an integer number(delay), (18), we obtain c2=o, C1=l, co=o, c-l=o, c-2=0 (21) In this case, y(n)zx(n-a)=x(n-1),
i.e. the filter synthesizes an integer delay.
By observing these regularities, a generalized closed-form of filter coefficients for Nth order(with N=2M) interpolator can be obtained as 
III. CONCLUSIONS
A new technique is presented for designing and implementing a variable (programmable) digital phase shifter (or time delay) which is capable of synthesizing fractional sample delays. This method is based on the concept of the nonlinear polynomial interpolation. Derivation of the analytic closed-form of filter coefficients has been described. The resulting digital FIR filter can be implemented directly in real-time structure. From the simulation results, it is found that the FIR delay filter provides nearly-linear phase response constant group delay) and nearly-flat 
